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(57) Abstract 

A system and method for cancelling noise in an analogue signal. The analogue signal is received and converted into a digital signal 
using an analogue to digital converter. The digitised signal is subsequently transformed into the frequency domain using a fast Fourier 
transform method. Frequency components of the frequency domain signal having an amplitude less than a predetermined threshold level 
are subsequently attenuated, and the filtered signal is reconverted into the time domain using an inverse fast Fourier transform. The filtered 
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NOISE CANCELLATION SYSTEM AND METHOD 

The present invention relates to a system and method 
for reducing the noise in a signal. 

It is often the case that transmitted electrical 
signals conveying information are contaminated by noise 
which may be manmade or which may originate from the 
natural environment. This noise can introduce errors 
and/or distortions into the information being conveyed 
which are particularly significant when the signal to 
noise ratio is low. 

The problem of noise is particularly significant 
with modern telephone headsets which do not use a "boom" 
microphone but which instead have a single earpiece which 
contains both a microphone and earphone. Because of the 
relative remoteness of the microphone from the operator's 
mouth, extraneous background noise, for example from 
neighbouring operators, can be significant. 

A number of different methods have been employed in 
the past to reduce the level of background noise in 
electrical signals. These methods include frequency 
shaping and voice switching (US 4,879,746) which 
attenuates any signals below a certain threshold, and 
conditions the signals above a certain threshold by using 
frequency shaping or adjusting the output signal 
amplitudes. However, in general these methods have 
proved unsuitable for "all-in-the-ear" type headsets. 

It is an object of the present invention to overcome 
or at least mitigate the disadvantages of existing noise 
cancellation systems and methods. 

According to a first aspect of the present invention 
there is provided a method of reducing noise in a signal 
containing an information component and a noise component 
and comprising converting the signal from the time domain 
to the frequency domain, defining at least two amplitude 
bands in the frequency domain and assigning each 
frequency component into one of the bands, attenuating 
the frequency components in the lower band(s) relative to 
those in the higher band(s) , and reconverting the 
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resulting frequency domain signal into the time domain. 

The present invention results from the realisation 
that when a speech signal is viewed in the frequency 
domain, the noise present tends to fill the space in the 
frequency domain which contains little or no information 
relating to speech. Attenuating the noise-related 
frequency components greatly reduces the total noise 
power present "in the signal because the noise is 
wideband. 

In a preferred embodiment of the present invention 
there are defined at least three, and more preferably 
four amplitude bands, the threshold amplitudes separating 
the bands being adaptively varied in dependence upon the 
power in the input signal. Frequency components having 
an amplitude within the lowest band are completely 
eliminated by multiplying with a gain value of zero 
whilst frequency components having an amplitude within 
the highest frequency band are preserved by multiplying 
them with a gain value of one. Frequency components 
having amplitudes within the intermediate band(s) are 
attenuated, or de-emphasised, by multiplying them with a 
gain value of between zero and one. For the intermediate 
bands', the gain value is determined by a gain function, a 
distinct gain function existing for each intermediate 
band where several exist, which defines a gain value 
which increases with component amplitude. 

According to a second aspect of the present 
invention there is provided a noise reduction system 
comprising an input for receiving a signal containing an 
information component and a noise component, conversion 
means for converting the signal from the time domain to 
the frequency domain, comparator means defining at least 
two amplitude bands in the frequency domain and for 
assigning each frequency component into one of the bands, 
amplitude scaling means for attenuating the frequency 
components in the lower band(s) relative to those in the 
higher band(s), and reconversion means for reconverting 
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the resulting frequency domain signal into the time 
domain. 

According to a further aspect of the present 
invention there is provided a noise cancellation system 
comprising a unit for receiving and transmitting a 
signal, the unit comprising: 

analogue to digital conversion means for receiving a 
signal which is contaminated with noise and converting 
the signal into a digital signal; 

digital signal processing means to perform a fast 
Fourier transform (FFT) operation on the digital signal 
and to remove any spectral line which is lower in 
amplitude than a certain predetermined threshold value, 
and finally to convert the frequency domain digital 
signal back to a time domain signal by doing an inverse 
FFT operation; 

digital to analogue conversion means to convert the 
new digital signal to an analogue signal and to transmit 
the new signal; 

a random access read/write memory to store digital 
values of incoming signals and results of operations; and 

a non-volatile memory which stores the algorithm for 
the processor to perform the necessary function. 

For a better understanding of the present invention 
and in order to show how the same may be carried into 
effect reference will now be made, by way of example, to 
the accompanying drawings in which: 

Figure 1 shows schematically a noise cancellation 
system embodying the present invention; 

Figure 2 is a flow diagram illustrating the main 
stages of the noise cancellation process in the system of 
Figure 1; 

Figures 3a to 3 f show signals present at various 
stages in the process of Figure 2 when a first noise 
cancellation algorithm is employed; 

Figure 4 shows a set of amplitude bands into which 
frequency components are assigned according to an 
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enhanced noise cancellation algorithm; and 

Figure 5 shows a gain weighting function applied to 
a frequency domain signal in the algorithm of Figure 2. 

There will now be described with reference to 
Figures 1 to 3 a noise cancellation unit suitable for use 
with an all-in-the-ear headset of the type described 
above. The unit is preferably arranged to plug into a 
modified telephone and is connected by a wire to the all- 
in-the-ear headset. 

A signal processing unit 1 receives an analogue 
electrical signal 2 which is typically contaminated by 
noise. The noise may arise, for example, from the 
earphone which sits beside the microphone or from 
neighbouring persons. The input signal is sampled at a 
rate of 8KHz and is transmitted to a flash type analogue 
to digital converter (ADC) 3 which converts the analogue 
signal into its digital equivalent. The digital signal 
is received by a digital signal processor (DSP) 4 which 
buffers the incoming signal in blocks of 64 points. 

The software for controlling the operation of the 
digital signal processor is stored in a non-volatile ROM 
memory device 5 coupled to the DSP 4. A RAM memory 
device 6 is also coupled to the DSP and receives the 
operating code from the ROM 5 on power-up. The RAM 6 
also acts as a buffer for the incoming 64 sample block. 

Each block is pre-emphasised before further 
processing. Pre-emphasis is a standard technique for 
compensating for the average spectral shape of speech 
signals and involves subtracting the previous sample 
point from the current sample point. 

The current 64 point block is combined with the 
previous 64 point block to provide an enlarged 128 sample 
point frame. The enlarged frame is windowed using a 
standard Hanning window for the purpose of increasing the 
frequency resolution of the subsequent transform process. 
The resulting windowed frame is then converted into the 
frequency domain using a fast Fourier transform 
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technique. The result of this transform is a frame in 
the frequency domain in which the signal is defined at a 
number of discrete frequencies or "bins". The frequency 
bins are approximately 61Hz wide. 
5 At this stage a pre-boost algorithm is applied to 

the frame to compensate the signal for non-linearities in 
the response of the microphone, or other components of 
the system, and involves multiplying each sample point in 
the block by a constant defined in a look-up table. The 

10 look-up table may be determined empirically. 

The DSP 4 then performs a weighting function on the 
signal to ease identification of the relevant part of the 
signal. Any spectral line which is lower in amplitude 
than a certain predetermined threshold value is removed 

15 at this stage. 

Once the processing is complete the DSP 4 applies a 
post-boost algorithm to the frame. The purpose of this 
is similar to that of the pre-boost algorithm, i.e. to 
compensate for non-linearities in the signal. An inverse 

20 FFT is then applied to the frame to convert it into the 

time domain. The time domain digital signal is then 
converted to an analogue signal by a digital to analogue 
converter DAC 7 . 

The resulting signal is a time domain block having 

25 - 128 sample points. The central 64 sample points are then 
extracted. In order to create an analogue output signal 
a de-emphasis function is applied in order to compensate 
for the initial pre-emphasis function. This step 
involves adding the present sample to the previously 

3 0 processed sample. 

Figure 3 shows examples of typical signals at 
various stages of processing. Figure 3a shows a typical 
analogue signal input to the unit 1. Figure 3b shows the 
same signal after an FFT operation has been performed 

35 although in reality this signal will be in digital rather 

than analogue form. The x-axis in Figure 3b is a measure 
of frequency rather than time. Figure 3c shows the FFT 
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signal after the pre-boost has been performed. Figure 3d 
shows the after effects of removal of spectral lines 
which were lower than a predetermined threshold. Figure 
3e shows the spectrum after post-boost has been performed 
5 on the spectrum of Figure 3d. Figure 3f shows the final 

signal after an inverse FFT has been performed. 

As an alternative to the simple noise cancellation 
step described above, a more complex adaptive scaling 
process may be employed in which, after the pre-boost 

10 step, the frequency components are partitioned and scaled 

according to their amplitude. The flow diagram of Figure 
2 is also applicable to this modification although the 
details of the 'scaling' algorithm are changed. 

As illustrated in Figure 4 , the frequency components 

15 are assigned to one of four amplitude bands MIN, A, B, 

and MAX. These bands are defined by the threshold levels 
X_MIN / XA and XB. Each amplitude band has a 
corresponding gain function which is applied to the 
frequency components within that amplitude band and these 

20 gain functions are shown in Figure 4. 

Frequency components which have an amplitude lying 
within the MAX band, i.e. having an amplitude greater 
than XB, are assumed to correspond only to speech signals 
and are therefore are multiplied by a gain of one. The 

25 frequency components situated within band B are 

multiplied with a ramped gain such that frequency 
components nearer the lower end of the band are 
attenuated relative to frequency components near the 
upper end of the band. The level XB which defines the 

3 0 upper end of band B is not constant and is varied 

depending upon the total power present in the signal, 
i.e. XB = KB x total power, where KB is a constant less 
than one. 

Similarly, frequency components having an amplitude 
35 located within band A are multiplied by a ramped gain 

function. However, the ramp of band A is significantly 
steeper than that of band B. Again, the level XA 
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defining the upper level of band A is dependent upon the 
total power present in the signal such that XA = XB x KA, 
where KA is also a constant less than 1. 

The upper level of band MIN is defined by X_MIN 
which has a fixed value. Frequency components located 
within this band are multiplied by a gain of zero and are 
thus effectively cancelled. 

The slopes of the gain ramps for bands A and B are 
determined by the values of GO and GA as shown in Figure 
5. 

It will be appreciated by the skilled person that 
various modifications may be made to the above described 
embodiment without departing from the scope of the 
present invention. For example, conversion of a time 
domain signal into the frequency domain may be achieved 
by methods other than a fast fourier transform. For 
example, wavelet transforms may be used or any other type 
of frequency transform including discrete fourier 
transforms (DFT) . 
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Claims 

1. A method of reducing noise in a signal containing an 
information component and a noise component and 
comprising converting the signal from the time domain to 
the frequency domain , defining at least two frequency 
amplitude bands and assigning each frequency component 
into one of the bands , attenuating the frequency 
components in the lower band(s) relative to those in the 
higher band(s) , and reconverting the resulting frequency 
domain signal into the time domain. 

2. A method according to claim 1, wherein the step of 
attenuating the relatively low amplitude frequency 
components comprises multiplying the amplitude of each 
frequency component by a gain value, the gain value being 
determined from a gain function which is distinct for 
each amplitude band. 

3. A method according to claim 2, wherein the gain 
function for the upper amplitude band is one and the gain 
function for the lower amplitude band is zero. 

4. A method according to claim 2 or 3 , wherein at least 
three bands are defined, the gain function for the or 
each central band being a ramp function which increases 
proportionally to frequency component amplitude. 

5. A method according to any one of the preceding 
claims, wherein at least four bands are defined. 

6. A method according to any one of the preceding 
claims and comprising the step of adaptively varying the 
threshold level (s) which defines the bands, in dependence 
upon the power of the input signal. 

7 . A method according to any one of the preceding 
claims, wherein the input signal is an analogue signal 
and the method comprises the step of converting the input 
signal into a digital signal prior to converting it into 
the frequency domain and the step of converting the 
output time domain signal into an analogue signal. 

8. A method according to claim 7, wherein the time to 
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frequency domain conversion is carried out using a 
discrete Fourier transform and the frequency to time 
domain reconversion is carried out using an inverse 
discrete Fourier transform. 
5 9. A method according to any one of the preceding 

claims and comprising the step of compensating the 
frequency domain signal, prior to attenuating the lower 
frequency components, using an empirically derived 
frequency shaping table to compensate for signal 
10 distortion. 

10. A method according to any one of the preceding 
claims for use in removing background noise from an audio 
signal . 

11. A noise reduction system comprising an input for 
15 receiving a signal containing an information component 

and a noise component, conversion means for converting 
the signal from the time domain to the frequency domain, 
comparator means defining at least two frequency 
amplitude bands and for assigning each frequency 

20 component into one of the bands, amplitude scaling means 

for attenuating the frequency components in the lower 
band(s) relative to those in the higher band(s) , and 
reconversion means for reconverting the resulting 
frequency domain signal into the time domain. 

25 12. A telephone or telephone interface comprising a 

noise reduction system according to claim 11. 
13. A noise cancellation system comprising a unit for 
receiving and transmitting a signal, the unit comprising: 
analogue to digital conversion means for receiving a 

30 signal which is contaminated with noise and converting 

e the signal into a digital signal; 

digital signal processing means to perform a fast 
Fourier transform (FFT) operation on the digital signal 
and to remove any spectral line which is lower in 

3 5 amplitude than a certain predetermined threshold value, 

and finally to convert the frequency domain digital 
signal back to a time domain signal by doing an inverse 
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FFT operation; 

digital to analogue conversion means to convert the 
new digital signal to an analogue signal and to transmit 
the new signal; 

a random access read/write memory to store digital 
values of incoming signals and results of operations; and 

a non-volatile memory which stores the algorithm for 
the processor to perform the necessary function. 
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